Digital Modulator Employing a Polyphase Up-Converter Structure 

Field of the Invention 

5 The present invention relates to digital signal processing. 

Background of the Invention 

One method for modulating an RF signal with a digital data stream utilizes a digital 
10 modulator that accepts the digital baseband inputs, typically in a real and imaginary format, 
and outputs a digital signal at an IF sample rate. The digital IF signal is then converted to an 
analog signal by a digital-to-analog converter (DAC). The analog IF signal is mixed with a 
local oscillator to generate a modulated RF carrier. 

1 5 These modulators require some form of equalizer to compensate for the variation in 

gain with frequency. In general, the required equalization will not be symmetric about the IF 
carrier frequency. For example, one source of nonsymmetrical gain roll-off associated with a 
digital modulator is the sin(x)/x response of the DAC used to produce the IF waveform from 
the digital signal. In addition, the response of amplifiers, filters and mixers in the IF or the 

20 following RF chain may also have gain functions that require equalization. The equalization 
compensates for these post IF gain functions by distorting the IF signal such that the 
distortions in the IF signal cancel the distortions introduced by the post IF components, 

In prior art modulators, the equalization filter is placed either after the DAC, before 
25 the DAC, or before the digital modulator. If the filter is placed after the DAC, a complicated 
analog filter design that is not reprogrammable or adaptable to changes in the transmitter 
response is required. 

In principle, the baseband data can be pre-emphasized to provide the required 
30 correction to the non-ideal frequency response of the channel. In such systems, the baseband 
data is distorted such that the combination of the introduced distortion and the distortions of 
the channel cancel each other. In this case, a simpler analog filter can be used after the DAC. 
However, since the required response is, in general, not symmetric about the IF carrier, a filter 
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with complex coefficients or real - imaginary and imaginary - real cross terms is required. At 
frequencies near the Nyquist limit for the baseband signals, the correction filters that provide 
the desired response are not always achievable. 

5 The third approach utilizes a digital filter between the digital modulator and the DAC. 

While this approach simplifies the filter design, it requires a digital filter that runs at the DAC 
sampling rate. At high IF frequencies, such filters are too expensive for many applications. 

Summary of the Invention 

10 

The present invention includes an upconverting circuit. The upconverting circuit 
includes a polyphase component generator that provides N p polyphase components at each 
input polyphase cycle, wherein N p >2 on each input polyphase cycle defined by a clock. A 
memory stores the polyphase components from at least one polyphase cycle prior to the 

15 current polyphase cycle. A plurality of filters process the polyphase components stored in the 
memory. Each filter processes a plurality of the polyphase components to generate a filtered 
polyphase component corresponding to that filter. These filters can be linear or non-linear 
with either finite or infinite impulse response. A multiplexer outputs the filtered polyphase 
components in a predetermined order to generate a filtered output signal. In one embodiment, 

20 each filter utilizes the same functional relationship to generate the filtered polyphase 
components. In one embodiment, the memory is a shift register. The filters can be of 
arbitrary complexity. In one embodiment, the polyphase component generator receives one 
pair of digital signals in each polyphase cycle. 

25 Brief Description of the Drawings 

Figures 1-3 are block diagrams of prior art RF transmitter chains utilizing digital 
modulators. 

30 Figure 4 illustrates a digital modulator based on a polyphase filter up-converter. 

Figure 5 is a block diagram of a modulator according to one embodiment of the 
present invention. 
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Figure 6 illustrates one of the FIR filters shown in Figure 5. 

Figure 7 is a block diagram of a modulator according to another embodiment of the 
5 present invention. 

Detailed Description of the Preferred Embodiments of the Invention 

The manner in which the present invention provides its advantages can be more easily 
10 understood with reference to Figures 1-3, which are block diagrams of prior art RF 

transmitter chains utilizing digital modulators. Referring to Figure 1, RF chain 10 receives 
real and imaginary digital data streams shown at 1 1 and 12. A digital modulator 13 
upconverts these data streams to provide a digital IF data stream that is converted to an analog 
signal by DAC 14. The output of DAC 14 is filtered through an IF filter 15 prior to being 
1 5 mixed with a local oscillator in mixer 16 to generate an RF signal that is filtered by RF filter 
17 to provide the RF output. As noted above, one method for correcting for the non-constant 
gain is to utilize a complex IF filter 1 5 that is tailored to the specific components in the IF 
chain. 

20 A second method for compensating for these non-ideal response functions is to utilize 

a digital filter 21 between digital modulator 13 and DAC 14 as shown in RF chain 20. Since 
the digital filter is programmable, the problems associated with the custom analog filter 
discussed above are overcome. However, digital filter 21 must operate at the DAC sampling 
rate. At high frequencies, such digital filters can be expensive, and difficult or even 

25 impractical to realize. 

The third prior art method for compensating for the non-ideal response function is to 
distort the input data to the digital modulator with a complex filter 23 ,as shown in RF chain 
25, such that the combination of the distortions introduced by filter 23 and the distortions 
30 introduced by the remainder of the modulation chain cancel each other. As noted above, such 
filters are difficult to realize in many applications of interest. 
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The present invention overcomes the problems associated with the prior art digital 
design shown in Figure 2 by incorporating the filter function in the digital modulator. Refer 
now to Figure 4, which illustrates a digital modulator based on a polyphase filter up-converter 
which produces an IF output at Va of the output sample rate. The I and Q data streams shown 
5 at 31 and 32 are processed by polyphase filters 33 and 34 to provide the polyphase 

components Ik(n) and Qk(n). The signs of the odd indexed components are changed to 
produce the desired IF frequency, and the polyphase components are then combined by a high 
speed multiplexer 35 to form the IF output 37. It is also possible to replace the sign changes 
with a group of complex rotators to produce programmable IF frequencies. 

10 

The present invention is based on the observation that any digital filtering algorithm 
applied to the digital IF output can be re- written as one or more filtering operations applied to 
the polyphase components Ik(n) and Qk(n). Since filters operating on the polyphase 
components need to operate only at the input data rate, the problems discussed above with 

1 5 respect to utilizing a digital filter after the digital modulator are overcome. Refer now to 
Figure 5, which is a block diagram of a modulator 100 according to one embodiment of the 
present invention. To simplify the following discussion, digital modulator 100 performs a 3 
point interpolation, and hence, generates 6 polyphase components for each pair of I and Q 
inputs. In addition, the filter utilized in modulator 100 is a 3 -tap finite impulse response 

20 (FIR) filter. This FIR filter is realized by applying 6 identical filters 103-108. More general 
embodiments will be discussed in detail below. 

The input data streams, I(n) and Q(n) are converted to the polyphase components by 
digital modulator 101. During each input clock cycle, digital modulator 101 outputs N p 

25 polyphase components. The outputs of digital modulator 101 are loaded in a shift register 
1 02 which holds the current polyphase components, Ik(n) and Qk(n), and a number of 
previously generated sets or partial sets of polyphase components such as Ik(n-l) and Qk(n-l), 
and Io(n-2) shown in Figure 5. The number of previously generated polyphase components 
that must be stored depends on the number of taps in the FIR filters 103-108. The outputs of 

30 the FIR filters are sequentially read by multiplexer 1 10 to provide the filtered output signal. 

The manner in which the present invention provides its advantages can be more easily 
understood by first considering the output of a conventional digital modulator that utilizes a 
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3 -point interpolation followed by a 3 -tap FIR filter. The output of the digital modulator in 
this case after the polyphase outputs for I(n) and Q(n) have been read-out is the sequence, 
I 0 (n) ? Q 0 (n) 5 I 1 (n) > Q 1 (n),I 2 (n) 3 Q 2 (n), IoCn-^^oCn-iyKn-^^Kn-^^Cn-lXQiCn-l), I 0 (n- 
2) ? Q 0 (n-2) 5 Ii(n-2) 5 Qi(n-2) 5 I 2 (n-2) 5 Q 2 (n-2) 5 and so on. When this sequence is filtered by the 3- 
5 tap FIR filter, each polyphase component will be replaced by the weighted sum of that 

polyphase component, and the two polyphase components on each side of that component in 
the output sequence. For example, Io(n-l) would be replaced by wiQ 2 (n)+ w 2 Io(n-l)+w 3 Qo(n- 
1). 

10 As noted above, a FIR filter that operates on the output of a conventional digital 

modulator must operate at the DAC sample rate, which is much higher than the sample rate at 
the input to the digital modulator. The present invention overcomes this problem by 
computing the filtered polyphase component values within the digital modulator using a 
plurality of FIR filters operating at clock rates that are much less than the DAC sample rate. 

15 

Referring again to the embodiment shown in Figure 5, each of the FIR filters 
computes one of the filtered polyphase components for each input cycle. The outputs of the 
FIR filters are read by multiplexer 1 10 to provide the filtered modulated signal. 

20 Refer now to Figure 6, which illustrates one of the FIR filters 103-108 shown in 

Figure 5. FIR filter 120 is connected to three cells of shift register 102 shown in Figure 5 via 
inputs 131-133. Each input is connected to a multiplier that multiplies the input by a weight 
factor. The multipliers are shown at 121-123. The outputs of the multipliers are summed by 
adder 124 to provide the filtered output for the polyphase component on input 132. It should 

25 be noted that the weights in the FIR filters could be different from one another. In particular, 
the weights in the FIR filters that operate on the polyphase components that are the negative 
of the components stored in shift register 102 can be used to provide the sign change. Hence, 
there is no need to provide that function in the digital modulator. It should also be noted that 
symmetric FIR filters can be realized by adding the inputs which have the same tap weight 

30 before performing the multiplication, reducing the number of required multipliers. Also note 
that often the filter can be scaled such that the largest tap is unity gain, and hence, does not 
require a multiplier. 
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The above-described embodiment of the present invention utilized a 3-tap filter, and 
hence, required only one polyphase component from the previous and following sets of 
polyphase components. The filtered components computed in this embodiment from the 
previously generated set of polyphase components augmented by one component from the 
5 current set, i.e., CMn), and one polyphase component from the set computed two cycles 
earlier, i.e., Io(n-2). Hence, the shift register only needs to store 8 polyphase components. 

In general, the number of polyphase components that must be stored depends on the 
number of taps in the filters. Define a cycle to be the generation of the polyphase components 
10 corresponding to one set of input I and Q values. At the beginning of the n 01 cycle, I(n) and 
Q(n) are received by digital modulator 101. Digital modulator 101 then computes the 
polyphase components I k (n) and Qk(n). At the end of the VI th cycle, the contents of shift 
register 102 are shifted down N p places, where N p is the number of polyphase components 
that are generated during the n th cycle. In the example shown in Figures 5 and 6, N p is 6. 

15 

During the (n+l) 01 cycle, the filtered polyphase components corresponding to an 
earlier cycle are computed. At this point, the polyphase components for the n 1 * 1 cycle, (n-l) th 
cycle, and at least part of the (n-2) cycle are stored in shift register 102. The identity of the 
earlier cycle and the number of stored polyphase components depends on the number of taps 
20 in the filters, N t , and N p . If N t is less than 2N P , the filters can be connected to the shift 

register cells that store the prior set of polyphase components in the manner shown in Figure 
5. That is, the filtered polyphase components that are computed during the XI th cycle are those 
corresponding to inputs I(n-l), and Q(n-l). 

25 If, on the other hand, the number of taps is larger than twice the number of polyphase 

components, at least one of the filters will require a polyphase component that is to be 
computed in the (n+l)* cycle, and hence, will not be available. In addition, at least one of the 
filters will require a polyphase component from the (n-2) th cycle, and hence, shift register 102 
would need to store the polyphase components from four cycles. In this case, the filters will 

30 need to be connected to the shift register cells that store the polyphase components from the 
(n-2) th cycle or an earlier cycle rather than those corresponding to the (n-l)* cycle as shown 
in Figure 5. For the purposes of this discussion, assume that N t , and N p are chosen such that 
the shift register cells at which the (n-2) 111 cycle polyphase components are stored are 
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connected to the filters. The filtered polyphase components generated at the n cycle would 
then be those corresponding to the polyphase components that were generated at the (n-2) 111 
cycle, and there will be a two cycle delay in the generation of the polyphase components. 

5 The above-described embodiments of the present invention utilize linear FIR filters to 

filter the digitally modulated signal. However, any form of digital filter can be utilized. In 
general, each filter can compute an arbitrary function of the polyphase components connected 
thereto. For example, the filters can compute a filtered output that includes the weighted 
sums of products of various polyphase components. 

10 

Furthermore, any of the filters can be connected to polyphase components from more 
than one cycle. If a filter requires a component from a previous cycle that is not stored in 
shift register 102, the filter can also include a register or other form of memory for storing 
previously generated polyphase phase components. 

15 

The above-described embodiments of the present invention utilized N p individual 
filters, one for each polyphase component supplied by the digital modulator. This 
arrangement reduces the computational workload of each filter by a factor of N p . If the filters 
require more time, embodiments in which more filters are utilized can also be constructed. 

20 

Refer now to Figure 7, which is a block diagram of a modulator 200 according to 
another embodiment of the present invention. Modulator 200 utilizes a digital modulator 201 
to generate 6 polyphase components on each cycle. To simplify the following discussion, it 
will be assumed that the 6 polyphase components generated on each cycle and the filter to be 
25 applied to the IF signal is again a 3 -tap FIR filter. In addition, the polyphase outputs of digital 
modulator 201 are stored in a first shift register 203. In every other cycle, the contents of shift 
register 204 are shifted down 12 locations and the 12 polyphase components generated in the 
previous two cycles and stored in shift register 203 are moved to the first 12 locations in shift 
register 204. 

30 

Modulator 200 utilizes two banks of FIR filters to further reduce the computational 
load on each filter. The first bank of filters includes 6 filters as shown at 210. Exemplary 
filters are shown at 21 1-213. For the purposes of this discussion, it will be assumed that this 
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filter bank operates on the polyphase components generated on the odd cycles. The second 
bank of filters 220 also includes 6 filters. Exemplary filters from this bank are shown at 221- 
223. Since filter bank 210 operates on the polyphase components generated on the odd 
cycles, filter bank 220 operates on the polyphase components generated on the even cycles. 
Since each filter now has two cycles in which to complete its computations, the filters can 
operate at half the input clock rate. Multiplexer 240, however, must operate at the output 
clock rate. 

The embodiment shown in Figure 7 utilizes two shift registers. However, the first 
shift register can be any form of storage register or memory that stores the polyphase 
components generated on either the even or odd cycles. If shift register 204 shifts on the even 
cycles, then this memory must store the polyphase components generated on the odd cycles. 
In this case, the polyphase components generated on the even cycles can be transferred 
directly into shift register 204 after shift register 204 has completed its 12-position shift. 

If the filter design permits the filter computations to be carried out in a time frame less 
than half of an input cycle, two or more of the filters can be replaced by a data processor that 
simulates a plurality of filters. Such embodiments are useful in the case in which the filter 
computation requires less than T/2 but more than T/N p , where 1/T is the input frequency to 
digital modulator 201 and N p is the number of polyphase components that are generated by 
digital modulator 201 for each input cycle. 

Various modifications to the present invention will become apparent to those skilled 
in the art from the foregoing description and accompanying drawings. Accordingly, the 
present invention is to be limited solely by the scope of the following claims. 
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